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FIG. 8

i :=0; N:=0: Siy:=3; Bhum = 49;
repeat
if Sp (1) < Sthr
then
N:=N+1;
=it
until i <Bnym
it N> 0.6 x Buum
then
fourent = NOISE
else



US 9,202,454 B2

Sheet 8 of 8

Dec. 1, 2015

U.S. Patent

46 "OId

V6 Old




US 9,202,454 B2

1
METHOD AND APPARATUS FOR AUDIO
ENCODING FOR NOISE REDUCTION

CROSS-REFERENCE TO RELATED PATENT
APPLICATION

This application claims the priority benefit of Korean
Patent Application No. 10-2012-0031827, filed on Mar. 28,
2012, in the Korean Intellectual Property Office, the disclo-
sure of which is incorporated herein in its entirety by refer-
ence.

BACKGROUND

Various embodiments relate to noise reduction, and more
particularly, to a method and apparatus for encoding an audio
signal, for noise reduction.

Recently, communication services such as the Internet or
satellite broadcasting are widely supplied, and also, audio-
video (AV) devices such as digital versatile disks (DVDs) are
also widely supplied. In accordance with the supply of these
services and devices, demand for audio encoding involving
efficiently compressing audio signals is increasing. Cur-
rently, adaptive conversion audio encoding apparatuses that
take into consideration human hearing are mainly used. In
such encoding processes, an audio signal which is in a time
domain is converted into a frequency domain. In addition, a
signal along a frequency axis is partitioned into frequency
bands corresponding to frequency resolving power of hear-
ing. Moreover, by considering human hearing, an optimal
amount of data needed for encoding in each frequency band is
calculated.

According to the data amount allocated to each of the
frequency bands, the signal along the frequency axis is quan-
tized. An example of an adaptive conversion audio encoding
apparatus is a Moving Picture Experts Group (MPEG)-Ad-
vanced Audio Coding (2AAC) method that is standardized by
the International Organization for Standardization (ISO)/In-
ternational Electrotechnical Commission (IEC). Advanced
audio coding (AAC, standard document: ISO/IEC 13818-7)
is a standard lossy data compression method used in digital
audio devices.

AAC provides more sample frequencies from 8 kHz to 96
kHz and up to 48 channels, and in AAC, bits may be variably
allocated according to necessity even at a constant bit rate,
and an audio signal may be changed into a modified discrete
cosine transformation (MDCT) format, thereby enabling
more efficient coding.

SUMMARY

Various embodiments provide a noise reduction method
that corresponds to frame size conversion characteristics in a
modified discrete cosine transformation (MDCT) area of
Moving Picture Experts Group Advanced Audio Coding
(MPEG AAC), and more particularly, a method and apparatus
for AAC for noise reduction while reducing a calculation
amount but maintaining noise reduction performance.

According to an embodiment, there is provided an audio
signal coding method for noise reduction, the method
includes: receiving an audio signal and performing modified
discrete cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;
reducing noise of the audio signal in accordance with a long
block or a short block; and performing advanced audio coding
(AAC) on the long block or the short block in which noise is
reduced.
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In the reducing of noise, a non-linear multi-band spectral
subtraction may be performed to the long block, and a spec-
tral reduction may be performed to the short block based on
the spectral subtraction of the long block.

The reducing of noise may include: dividing the long block
into a plurality of sub-bands; measuring a signal-to-noise
ratio (SNR) of each of the plurality of sub-bands; and per-
forming spectral subtraction based on information about a
perceptual sound quality curve corresponding to the mea-
sured SNR and a subtraction coefficient calculated in consid-
eration of a weight of each of the plurality of sub-bands.

The method may further include performing over-subtrac-
tion by amplifying the subtraction coefficient, and perform-
ing masking using an audio signal corresponding to the
reduced long block.

A noise reduction rate with respect to the short block may
be determined by comparing an average power of an audio
signal of a predetermined range according to noise reduction
of'the long block and an average power of an audio signal of
the predetermined range of a short block corresponding to the
long block.

The reducing of noise may be performed based on a vari-
able frame length of the audio signal needed for the AAC and
a non-linear scale factor band.

The reducing of noise may be performed using a MDCT
coefficient according to the MDCT.

The reducing of noise may be performed by dividing the
audio signal into a long block of 1024 points or a short block
ot 128 points according to block switching of the AAC.

The method may further include storing the audio signal, to
which the AAC is performed, in a recording medium.

The reducing of noise may be performed by dividing the
long block into 49” order non-uniform sub-bands.

The reducing of noise may be performed by dividing the
short block into 14 order non-uniform sub-bands.

According to another embodiment, there is provided a
non-transitory computer readable recording medium having
embodied thereon a program for executing the method of
claim 1 on a computer.

According to another embodiment, there is provided an
audio signal encoding apparatus including: a modified dis-
crete cosine transformation (MDCT) converting unit that
receives an audio signal and performing MDCT on the audio
signal to convert the audio signal into long blocks or short
blocks; a noise reducing unit that reduces noise in the audio
signal in accordance with a long block and a short block; and
anadvanced audio coding (AAC) encoding unit that performs
AAC on the long block or the short block in which noise is
reduced.

The noise reducing unit may perform non-linear multi-
band spectral subtraction on the long block, and spectral
reduction on the short block based on the spectral subtraction
of the long block.

The noise reducing unit may include: a long block sub-
band dividing unit that divides the long block into a plurality
of sub-bands; a SNR measuring unit that measures a SNR of
each of the plurality of sub-bands; a subtracting unit that
performs spectral subtraction based on information about a
perceptual sound curve corresponding to the measured SNR
and a weight for each of the plurality of sub-bands; and a
masking unit that performs over-subtraction by amplifying
the subtraction coefficient, and performs masking using an
audio signal corresponding to the reduced long block.

The noise reducing unit may include: a short block sub-
band dividing unit that divides the short block into a plurality
of sub-bands; a power matching unit that compares an aver-
age power of an audio signal of a predetermined range
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according to noise reduction of the long block and an average
power of an audio signal of the predetermined range of a short
block corresponding to the long block provided by the mask-
ing unit, and determines a reduction rate of the short block;
and a reducing unit that performs noise reduction on the short
block according to the determined reduction rate.

The noise reducing unit may perform noise reduction
based on a variable frame length of the audio signal needed
for the AAC and a non-linear scale factor band.

The noise reducing unit may perform noise reduction using
a MDCT coefficient output from the MDCT unit.

The noise reducing unit may perform noise reduction by
dividing the audio signal into a long block of 1024 points or a
short block of 128 points according to block switching of the
AAC.

The noise reducing unit may perform noise reduction by
dividing the long block into 49” order non-uniform sub-
bands, and by dividing the short block into 14? order non-
uniform sub-bands.

BRIEF DESCRIPTION OF THE DRAWINGS

The above and other features and advantages will become
more apparent by describing in detail exemplary embodi-
ments thereof with reference to the attached drawings in
which:

FIG. 1 is a block diagram for explaining noise reduction in
a Moving Picture Experts Group Advanced Audio Coding
(MPEG-AAC) coding structure, according to the conven-
tional art;

FIG. 2 is a block diagram for explaining MPEG-AAC
coding;

FIGS. 3A to 3C are frequency graphs for explaining
MPEG-AAC coding;

FIG. 4 is a schematic view illustrating an audio signal
coding apparatus, according to an embodiment;

FIG. 5 is a block diagram illustrating a noise reducing unit
illustrated in FIG. 4;

FIG. 6 is a flowchart illustrating a method of audio signal
coding, according to another embodiment;

FIG. 7 is a three-dimensional graph of a subtraction coet-
ficient T(i,1), according to an embodiment;

FIG. 8 is pseudo code for explaining a method of deter-
mining whether a current frame is signal-centered or noise-
centered, according to an embodiment; and

FIGS. 9A and 9B illustrate a signal waveform of an audio
signal before and after applying an audio signal coding
method, according to an embodiment.

DETAILED DESCRIPTION

As the invention allows for various changes and numerous
embodiments, particular embodiments will be illustrated in
the drawings and described in detail in the written descrip-
tion. However, this is not intended to limit the invention to
particular modes of practice, and it is to be appreciated that all
changes, equivalents, and substitutes that do not depart from
the spirit and technical scope of the invention are encom-
passed in the invention. In the description of the invention,
certain detailed explanations of related art are omitted when it
is deemed that they may unnecessarily obscure the essence of
the invention.

While such terms as “first,” “second,” etc., may be used to
describe various components, such components must not be
limited to the above terms. The above terms are used only to
distinguish one component from another.
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The terms used in the present specification are merely used
to describe particular embodiments, and are not intended to
limit the invention. An expression used in the singular encom-
passes the expression of the plural, unless it has a clearly
different meaning in the context. In the present specification,
it is to be understood that the terms such as “including” or
“having,” etc., are intended to indicate the existence of the
features, numbers, steps, actions, components, parts, or com-
binations thereof disclosed in the specification, and are not
intended to preclude the possibility that one or more other
features, numbers, steps, actions, components, parts, or com-
binations thereof may exist or may be added.

Embodiments will be described below in more detail with
reference to the accompanying drawings. Those components
that are the same or are in correspondence are rendered the
same reference numeral regardless of the figure number, and
redundant explanations are omitted.

As used herein, the term “and/or” includes any and all
combinations of one or more of the associated listed items.

FIG. 1 is a block diagram for explaining a Moving Picture
Experts Group Advanced Audio Coding (MPEG-AAC) cod-
ing apparatus 100 for noise reduction, according to the con-
ventional art.

Referring to FIG. 1, the MPEG-AAC coding apparatus 100
includes a fast Fourier transform (FFT) unit 110, a noise
reducing unit 120, an inverse FFT (IFFT) unit 130, and an
advanced audio coding (AAC) unit 140. As illustrated in FIG.
1, reduction or removal of noise according to the conventional
art is usually performed before coding an audio signal. For
example, an audio signal is divided into frames having the
same frame sizes and then noise reduction is performed in a
FFT area. Also, when a codec having frame size converting
characteristics such as MPEG AAC is used, FFT is performed
to convert an audio signal into a frequency domain for noise
reduction according to the conventional art, and after per-
forming noise reduction and IFFT, AAC is performed.

As illustrated in FIG. 1, the FFT unit 110 converts an audio
signal which is in a time domain into a frequency domain to
perform noise reduction, and the IFFT unit 130 converts the
signal in the frequency domain, which has undergone noise
reduction, into a time domain signal for AAC. Here, calcula-
tion amounts of FFT and IFFT are over 50% of the entire
process of the MPEG AAC coding apparatus 100, which are
highly inefficient calculation amounts to apply to a codec
having frame size converting characteristics like MPEG
AAC.

FIG. 2 is a block diagram for explaining MPEG-AAC
coding. FIGS. 3A to 3C are frequency graphs for explaining
MPEG-AAC coding.

An AAC encoder divides an input signal into frames each
consisting of a predetermined number of samples. Then the
AAC encoder encodes each of the frames. A frame length
according to an AAC method is classified as two types, a long
block (1024 samples) and a short block (128 samples). Here,
one frame and one block length are equivalent. Hereinafter, a
processing order of the AAC encoder illustrated in FIG. 2 will
be described.

(1) An input signal is input to a framing unit 201. The
framing unit 201 divides an input signal into frames consist-
ing of a predetermined number of samples (long blocks). The
signal output from the framing unit 201 is input to a modified
discrete cosine transformation (MDCT) unit (hereinafter,
“long block MDCT unit”) 202 for long blocks and a short
block MDCT unit 203 for short blocks.

The long block MDCT unit 202 performs MDCT on 1024
points. Also, the long block MDCT unit 202 calculates a
MDCT coefficient (MDCT1). Also, the short block MDCT
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unit 203 performs MDCT on 128 points with respect to an
input signal. Also, the short block MDCT unit 203 calculates
a MDCT coefficient (MDCT2). Also, there are eight short
blocks for each frame, and thus eight sets of MDCT2 are
generated.

(2) The framing unit 201 outputs the divided input signal to
a long block perceptual analyzing unit 204. The long block
perceptual analyzing unit 204 calculates a long block mask-
ing critical value Th1l and a perceptual entropy value PE1
from the input signal. The long block masking critical value
Th1 and the perceptual entropy value PE1 are disclosed in a
perceptual model of PART 7 of ISO/IEC13818-7, which is the
standard document for AAC, and thus a detailed description
thereof will be omitted. Likewise, the framing unit 201 out-
puts the input signal divided into frames to a short block
perceptual analyzing unit 205. Then, the short block percep-
tual analyzing unit 205 calculates a short block masking
critical value Th2 and a perceptual entropy value PE2 from
the input signal.

The perceptual entropy value refers to an amount of data
representing the minimum number of bits needed to quantize
a signal. Also, masking refers to a phenomenon whereby if an
error when quantizing a signal using a quantizing unit is
below a predetermined standard, humans cannot perceive the
error. In addition, a reference value denoting a limit of an error
that humans cannot perceive is referred to as a masking criti-
cal value.

(3) The long block masking critical value Thl and the
perceptual entropy value PE1 and the short block masking
critical value Th2 and the perceptual entropy value PE2 are
input to a block length determining unit 206. The block length
determining unit 206 determines whether to quantize a signal
to long blocks or short blocks.

In general, a normal signal whose property hardly changes
may preferably be quantized as long blocks. However, when
a signal whose amplitude rapidly changes in a block is quan-
tized as a long block, noise referred to as pre-echo, which is
not included in the input signal, is generated. The cause of the
noise is deterioration of sound quality. FIG. 3B is a schematic
view of an example of pre-echo. FIG. 3A is a schematic view
of'an input signal before encoding the same, and FIG. 3B is a
graph showing a decoded sound when encoding an input
signal only as a long block. In a front portion of FIG. 3B, there
is noise in front of an attach sound, which is not present in the
input signal.

The above noise is referred to as pre-echo. Pre-echo may be
eliminated by reducing a quantization block length. For
example, FIG. 3C is a graph showing a decoded sound when
encoding an input signal as a short block. Thus, in the AAC
method, the block length determining unit 206 determines
properties of an input signal. In addition, the block length
determining unit 206 determines an optimal block length for
quantization. In detail, when PE1>PE1_thr, the block length
determining unit 206 selects a long block, and in other cases,
the block length determining unit 206 selects a short block.
Here, PE1_thr refers to a previously set critical value (con-
stant).

(4) A result of determination of the block length determin-
ing unit 206 is output to a selector 207 for selecting MDCT.
Also, a masking critical value selected by the block length
determining unit 206 is output to a spectrum quantizing unit
208. That is, when the block length determining unit 206
selects a long block, MDCT1 and Th1 are input to the spec-
trum quantizing unit 208. Also, when the block length deter-
mining unit 206 selects a short block, MDCT2 and Th2 are
input to the spectrum quantizing unit 208.
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(5) The spectrum quantizing unit 208 quantizes a MDCT
coefficient for each frequency band according to the input
masking critical value. Then, the spectrum quantizing unit
208 outputs a quantization code 1.

(6) The quantization code 1 output from the spectrum
quantizing unit 208 is input to a Huffman encoding unit 209.
The Huffman encoding unit 209 converts the quantization
code 1 into a quantization code 2 from which redundancy is
further eliminated from the quantization code 1.

(7) The quantization code 2 is output from the Huffman
encoding unit 209 to a quantization controlling unit 211.
Also, the quantization controlling unit 211 calculates a total
bit number assigned in the bit streams that are finally output
from the input quantization code 2. Also, a range denoted by
a dotted line in FIG. 2 is controllable by the quantization
controlling unit 211.

(8) When the calculated total bit number is more than an
allowed bit number for a current block, the quantization con-
trolling unit 211 controls the spectrum quantization unit 208
and the Huffman encoding unit 209 to repeat operations (5)
through (7). Also, when the calculated total bit number is less
than the allowed bit number for a current block, the quanti-
zation controlling unit 211 controls the Huffman encoding
unit 209 to output a quantization code 2 with respect to a
bitstream generating unit 210. Also, the quantization control-
ling unit 211 controls the bitstream generating unit 210 to
output a bitstream.

Here, a quantization operation of AAC will be described in
detail.

(a) In the AAC method, an exponent portion of a MDCT
spectrum is set to an initial value.

(b) Inthe AAC method, an MDCT spectrum is converted to
apower portion and an exponent portion. That is, in the AAC
method, an MDCT spectrum is expressed according to float-
ing point representation. Also, in the AAC method, the power
portion is quantized (MDCT quantization).

(c) In the AAC method, the number of bits (total bit num-
ber) that is required when performing Huffman encoding
with respect to the power portion and the exponent portion
that are quantized in (b) is calculated.

(d) In the AAC method, when the total bit number calcu-
lated in (c) is equal to or less than the allowed quantization bit
number for a current frame (the allowed bit number), quan-
tization is completed. In the AAC method, if the total bit
number is greater than the allowed bit number, the exponent
portion set in (a) is determined as inappropriate. Then in the
AAC method, the exponent portion is varied and operations
(b) through (d) are repeated. Then, in the AAC method, the
exponent portion is determined such that that the total bit
number is equal to or less the allowed bit number.

That is, first, the exponent portion is initially fixed in the
AAC method. Then, in the AAC method, the power portion is
determined to quantize a MDCT spectrum. Next, a total bit
number at which a quantization error is equal to or less than an
allowed error when converting an MDCT spectrum to an
exponent portion and a power portion is calculated. Ifthe total
bit number is greater than a previously set bit rate, it is deter-
mined that the exponent portion is inappropriate. Then, in the
AAC method, the exponent portion is modified, and again, the
exponent portion of the MDCT spectrum is fixed and the
power portion is quantized. Then an optimal exponent portion
and an optimal power portion, with which a quantization error
is below an allowed error and the total bit number is equal to
or less than a set bit rate, are determined.

As described above, in the AAC method, after performing
quantization and Huffman encoding, a needed total number
of'bits is calculated. Also, an optimal exponent portion and an
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optimal power portion, with which the total bit number is
equal to or less than the allowed bit number allowed for a
current frame, are determined. Here, an optimum state refers
to when a quantization error is below the allowed error.

A typical noise reduction technology is performed only for
a single frame size in a FFT region (by a FFT unit, and thus in
order to apply the technology to a codec having frame size
converting characteristics like MPEG AAC, that is, charac-
teristics of converting a frame size into a long block and a
short block, FFT and IFFT operations as illustrated in FIG. 1
are further required. Also, when a frequency domain conver-
sion operation inside an audio codec is shared with a noise
reduction operation, normal noise reduction is performed
only with respect to frames of a predetermined size, and thus
if a codec having frame size converting characteristics, highly
unnatural audio signal processing results may be obtained
due to discontinuous noise reduction. Thus, to perform effi-
cient noise reduction in terms of a calculation amount and
performance in a system based on a codec having frame size
converting characteristics such as MPEG AAC, a frequency
domain conversion operation is to be shared and multiple
frame sizes are to be considered so that a result of noise
reduction between frames may be expressed continuously.
Also, in order to increase noise reduction performance versus
a calculation amount when integrating elements in a codec,
noise reduction is to be performed in consideration of a
domain conversion format of the corresponding codec and a
sub-band division structure that is defined for quantization.

According to audio signal encoding of the current embodi-
ment, noise reduction in accordance with frame size convert-
ing characteristics is performed in a MDCT area by a MDCT
unit of MPEG AAC, and during MPEG AAC encoding, noise
reduction that is appropriate for multiple frame sizes and for
an MPEG AAC encoding structure is applied inside an AAC
encoder, thereby reducing a calculation amount and increas-
ing noise reduction performance.

FIG. 4 is a schematic view illustrating an audio signal
coding apparatus 400, according to an embodiment.

Referring to FIG. 4, the audio signal coding apparatus 400
includes an MDCT unit 410, a noise reducing unit 420, and an
AAC encoding unit 430. The audio signal coding apparatus
400 corresponds to the AAC encoder of FIG. 2 to which the
noise reducing unit 420 is further applied.

The MDCT unit 410 receives an audio signal to perform
modified discrete cosine transformation (MDCT) to thereby
convert the audio signal into long block frames or short block
frames. As described with reference to FIG. 2, MDCT refers
to converting an audio signal in a time domain into an audio
signal in a frequency domain, and converting frames of an
audio signal into long blocks and short blocks. According to
the audio signal encoding of the current embodiment, an
audio signal is converted either into long blocks of 1024
points or into short blocks of 128 points according to MPEG
AAC. In addition, as illustrated in FIG. 2, the selector 207
performs long block MDCT or short block MDCT according
to a result of determination of the block length determining
unit 206, thus selectively performing noise reduction. That is,
noise reduction is performed with respect to a long block or a
short block according to block switching of AAC. Here, the
long blocks or the short blocks may be in various sequences
according to a form of an audio signal, and thus noise reduc-
tion is performed according to variable frame length charac-
teristics.

The noise reducing unit 420 reduces noise in the audio
signal according to the long block or the short block converted
by using the MDCT unit 410. As the long blocks or the short
blocks may be in various sequences, the noise reducing unit
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420 performs noise reduction according to variable frame
length characteristics. In the case of a long block, noise is
directly eliminated based on spectral subtraction, that is, a
frequency pattern of previously stored noise is reduced from
anoriginal audio signal. However, in the case of a short block,
if noise is directly eliminated based on spectral subtraction,
frequency resolution of the short block is greatly reduced to
128 points, and external effects such as musical noise or a
decrease in sound quality are generated. Thus, noise reduc-
tion with respect to a short block is performed by spectral
reduction based on a noise power reduction width after the
noise reduction of a long block, that is, by adjusting a scaling
factor of a signal. Noise reduction as described above will be
described later in detail with reference to FIG. 5.

The AAC encoding unit 430 performs AAC encoding with
respect to the long block or the short block which is output
from the noise reducing unit 420 and from which noise is
reduced, thereby outputting a bit stream. AAC encoding is as
described above with reference to FIG. 2. According to block
switching of a long block or a short block of the AAC encod-
ing unit 430, the noise reducing unit 420 performs noise
reduction with respect to a long block or a short block, and
then the AAC encoding unit 430 performs encoding.

FIG. 5 is a detailed block diagram illustrating the noise
reducing unit 420 illustrated in FIG. 4.

Referring to FIG. 5, the noise reducing unit 420 includes
sub-band dividing units 421 and 426 that perform sub-band
dividing with respect to a long block and a short block, a
signal-to-noise ratio (SNR) measuring unit 422, a reducing
unit 423, a subtraction information storing unit 424, a mask-
ing unit 425, a power matching unit 427, and a reducing unit
428. The noise reducing unit 420 performs non-linear multi-
band spectral subtraction with respect to long blocks; and
with respect to short blocks, the noise reducing unit 420
performs spectral reduction of adjusting a scaling factor of a
sub-band of the short block based on the spectral subtraction
of the long block. In other words, direct noise elimination is
performed on a long block, and noise reduction of adjusting a
scaling factor is performed on a short block. Here, to distin-
guish noise reduction of a long block and noise reduction of a
short block, different terms, i.e., spectral subtraction and
spectrum reduction, will be used respectively.

The noise reducing unit 420 according to the current
embodiment is integrated in the MPEG AAC encoder illus-
trated in FIG. 2. The noise reducing unit 420 uses as an input
signal, a MDCT coefficient for each frame, which is a calcu-
lation result of a filter bank module including signal process
domain conversion such as FFT or discrete cosine transfor-
mation (DCT) which is necessary for noise reduction in a
frequency band or MDCT conversion of an AAC encoder to
avoid a relatively high calculation amount required by an
inverse conversion module. Also, the noise reducing unit 420
not only uses the MDCT calculation result of the filter bank
module but also maintains a corresponding long or short
block structure in consideration of a variable frame length and
a non-linear factor band used by the MPEG AAC encoder to
perform noise reduction. The variable frame length charac-
teristics are generated by block-switching, which is intro-
duced by the MPEG AAC encoder to eliminate pre-echo or
post-echo illustrated in FIG. 3B. The variable frame length
characteristics are classified as a long block (or long type) of
1024 points and a short block (or short type) of 128 points by
dividing frame sizes of an audio signal, and then a MDCT
conversion coefficient suitable for each block is determined.
A frame determination input about whether a long block or a
short block is determined in the manner as described with
reference to FIG. 2, and the long or short block may be shown
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in various sequences according to a form of an audio signal,
and thus noise reduction is performed to be compatible with
the variable frame length characteristics.

As illustrated in FIG. 5, while direct noise elimination
based on spectral subtraction is performed on a long block
frame, ifthe spectral subtraction is performed on a short block
frame, a frequency resolution of the short block frame is
greatly reduced to 128 points, and external effects such as
musical noise or sound quality decrease are generated. Thus,
for a short block frame, spectral reduction based on noise
power reduction width after noise reduction of a previous
long block frame is performed.

In the case of noise reduction for a long block, a non-linear
multiband spectral reduction method, in which a scale factor
band formed in consideration of auditory recognition charac-
teristics of humans is used, is applied to maintain a frame
structure of an MPEG AAC encoder, thereby enhancing of
noise reduction performance. The non-linear multiband spec-
tral reduction method is effective in removing white noise or
colored noise, and is disclosed in “Perceptually weighted
multi-band spectral subtraction speech enhancement tech-
nique,” in Proc. International Conference on Electrical and
Computer Engineering, pp. 20-22, December 2008 by M. F.
A. Chowdhury, et al.

When a frame that is currently being coded is determined
as along block, the sub-band dividing unit 421 divides a long
bock into a plurality of sub-bands. During noise reduction
corresponding to a variable frame length, when a current
frame is determined as a long block, the current frame is
defined as a 49” order non-uniform scale factor band. When
a frame that is currently being coded is determined as a short
block, the sub-band dividing unit 426 divides a short block
into a plurality of sub-bands. The current frame is defined as
a 14™ order non-uniform scale factor band.

The SNR measuring unit 422 measures a SNR of each of
the sub-bands of the long block divided by the sub-band
dividing unit 421.

Power of a noise pattern of a frame of a 49? order non-
uniform scale factor band defined by the sub-band dividing
unit 421 and power of a sub-band are compared to obtain a
SNR of each sub-band of a corresponding input frame. Typi-
cal SNR measurement is as expressed in Equation 1 below:

[Equation 1]

2
Sp(i) = 1010g10(E[|Y(k)|] ] where

E[INGIT

B | =k <B;

Y (k)l and IN(k)I respectively denote a MDCT coefficient
of an input audio signal and a MDCT coefficient of a noise
pattern. Also, Sb(i) denotes a SNR value of a corresponding
sub-band, and B denotes a range index of a sub-band.

Itis inefficient to calculate a SNR of each sub-band directly
using Equation 1 in terms of calculation amounts. Thus, the
SNR of each sub-band may be indirectly obtained by dis-
cretely setting a representation of the SNR and using a Com-
parative formula expressed in Equation 2.

(106D E NN () |<Ef1 ¥(k)|]<105-120
E[INB)D= S,(0)=S(D)

Sc(l) denotes SNR operations that are defined discretely,
and the finer these operations, the more accurate SNR mea-
surement of sub-bands are possible, but an increase in a
calculation amount thereof is large. Thus, a point of compro-
mise is required. According to the current embodiment, a total

[Equation 2]
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10
often SNR values are set from 21 dB to -3 dB in units of three
dBs in consideration of an allowed calculation amount versus
performance.

The reducing unit 423 performs spectral subtraction based
on a SNR measured by the SNR measuring unit 422, infor-
mation about a perceptual sound curve corresponding to the
SNR, and subtraction coefficients in consideration of a
weight for each sub-band. Here, the data about the perceptual
sound quality curve is stored in the subtraction information
storing unit 424, and the reducing unit 423 extracts the mea-
sured SNR and the information about the perceptual sound
quality curve about the measured SNR, from the subtraction
information storing unit 424.

The spectral subtraction performed by the reducing unit
423 is performed according to a subtraction coefficient T(i,1)
which is calculated in consideration of the perceptual sound
quality curve corresponding to the measured SNR ratio for
each sub-band and weights of each sub-band, according to
Equation 3 below.

X (k)=(1Y(k)|-T(,1)IN(k))sgn(¥(k)) [Equation 3]

Here, X'(k) denotes a signal with respect to which spectral
subtraction is performed, and when Y (k)=0, sgn(Y (k))=1, and
when Y(k)<0, sgn(Y(k))=-1. T(i,]) is expressed by the per-
ceptual sound quality curve including weight information of
subtraction function for each SNR and each sub-band, that is,
P(@1). P(i) is expressed as in Equation 4 below.

((Gmax = Gpin) [Equation 4]
L

TG, ) = —

-0+ 1]P(i), where

I=[L: L]

L denotes the number of a discrete SNR operation corre-
sponding to Sc(1) of Equation 2, and Gmax and Gmin respec-
tively denotes the largest and smallest ranges of T(i,1).

FIG. 7 is a three-dimensional graph of a subtraction coef-
ficient T(i,]) according to an embodiment, where Gmax and
Gmin are set as 5 and 1, respectively.

The masking unit 425 performs over-subtraction by ampli-
fying the subtraction coefficient, and performs masking using
an audio signal corresponding to a reduced long block.

Although the noise reduction according to Equation 4
allows efficient noise reduction regarding various noise situ-
ations when compared to a simple spectral subtraction
method according to the conventional art where weights for
respective bands are not considered, the problem of musical
noise still exists. According to the current embodiment, in
order to solve this problem, an over-subtraction method in
which a subtraction coefficient is amplified to directly elimi-
nate musical noise is performed, and then some low signal
components of a SNR that disappear according to the over-
subtraction are compensated for, and masking using a reduc-
tion original signal for reducing a recognition rate of residual
musical noise is performed. This method is effective in reduc-
ing generation of musical noise at low cost within a platform
of'a portable device where an available calculation amount is
limited, such as a smartphone, a digital camera, etc. Spectral
subtraction where over-subtraction is applied is as expressed
in Equation 5 below.

X()=(1¥(k) —aT(G, 1) ING) Dsgn(Y(k)) [Equation 5]

a is a subtraction amplification variable, which is updated
by determining whether each frame is a noise frame or a
signal frame, and is used to adaptively adjust a degree of
over-subtraction according to a frame type. Update of o is
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expressed by aprev of a previous frame, a modification con-
stant Odiff, and limit constants Omin and Omax as in Equa-
tion 6 below.

Uprey + Oy if Uprey < Opax [Equation 6]

Juurrent = NOISE 5 @ = {

Qprev else

Uprey = Odif I Uprey > Opuin
Foumens = SIGNAL = o =

Aprey else

feurrent denotes a signal for determining whether a current
frame is signal-centered or noise-centered, and a method of
determining the same is illustrated in pseudo code illustrated
in FIG. 8.

FIG. 8 is pseudo code for explaining a method of deter-
mining whether a current frame is signal-centered or noise-
centered, according to an embodiment.

AnMDCT coefficient that has undergone over-subtraction
performs musical noise masking according to Equation 7
below.

X0 ~[{(1 Y I~aT @, DINGE) sgn(Y() H+pIYE) /(1 +
B) [Equation 7]

[ is a coefficient smaller than 1, and functions as a tuning
parameter that adjusts a ratio of side effects such as a decrease
in sound quality compared to noise reduction effects and
generation of musical noise.

The power matching unit 427 compares an average power
of'an audio signal of a predetermined range according to noise
reduction of the long block frame signal and an average power
of'an audio signal of the predetermined range of a short block
corresponding to the long block frame signal provided by the
masking unit 425, and determines a reduction rate of the short
block frame signal, and the reducing unit 428 performs spec-
tral reduction of adjusting a scaling factor with respect to the
short block according to the determined reduction rate.

The power matching unit 427 and the reducing unit 428
perform noise reduction with respect to a 14” order non-
uniform scale factor band output from the sub-band dividing
unit 426 with respect to the short block frame signal.

According to the current embodiment, if a current frame is
determined as a short block frame signal, the overall signal is
reduced by simple spectral reduction, thus maintaining con-
sistent signal amplitude by power matching with a frame of a
previous long block, on which spectral subtraction is per-
formed. The overall spectral reduction reduces not only noise
but also power of a signal component, thus distorting an
original signal. However, a block switching module in a
MPEG AAC encoder performs short block frame processing
mostly in a short section where a signal in a time domain
abruptly increases in amplitude in the form of an impulse, and
thus total signal distortion is small.

An amount of spectral reduction of a short block frame is
calculated by comparing an average power of an audio signal
of a previous long block frame of a predetermined band and
an average power of the short block frame of the same band.

The noise reduction according to the current embodiment
may be integrated inside a MPEG AAC encoder, and when the
noise reduction method is applied in a MPEG AAC based
system, compared to the noise reduction method according to
the conventional art, a calculation amount may be reduced
while increasing noise reduction performance. Accordingly,
the noise reduction may be applied to MPEG AAC-based
audio recording devices such as smartphones, digital cam-
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eras, etc., with a low required calculation amount and
memory, thereby increasing the range of application of the
noise reduction method.

FIG. 6 is a flowchart illustrating a method of audio signal
coding, according to another embodiment.

Referring to FIG. 6, in operations 600 and 602, an audio
signal is received, and MDCT is performed on the audio
signal. In operation 604, it is determined whether a current
frame, on which AAC is to be performed, is a long block
frame signal or a short block frame signal. According to the
noise reduction of the current embodiment, noise reduction is
performed on the long block frame signal or the short block
frame signal according to block switching used in AAC.
When the current frame to be processed is determined as a
long block frame, in operation 606, the current frame is
divided into long block sub-bands, that is, 49” order non-
uniform scale factor bands.

In operation 608, a SNR of each of the sub-bands is mea-
sured. During noise reduction corresponding to a variable
frame length, when the current frame is determined as a long
block, the frame is defined as a 49% order non-uniform scale
factor band, and a noise pattern of a 1 frame length defined as
a scale factor band and power of the sub-band are compared
to measure a SNR of each sub-band of a corresponding input
frame. SNR measurement of each sub-band is as described
above with reference to Equations 1 and 2 above.

In operation 610, spectral subtraction is performed by
using the SNR of each sub-band measured in operation 608
and a subtraction coefficient that is calculated in consider-
ation of weights based on perceptual sound curve correspond-
ing to the SNR. Spectral subtraction is as described above
with reference to Equations 3 and 4 above.

In operation 612, masking is performed. Although efficient
noise reduction is performed for various noise situations com-
pared to the spectral subtraction of operation 610, masking is
performed to solve the problem of musical noise. Musical
noise is a sinusoidal component that remains after noise is
eliminated by a noise elimination gain, and this decreases
sound quality. According to the current embodiment, over-
subtraction of directly eliminating musical noise by amplify-
ing a subtraction coefficient which is used in spectral subtrac-
tion in order to solve the musical noise is performed, and
some low SNR signal components which are removed by the
over-subtraction are compensated for, and masking using a
reduction original signal is performed to reduce a recognition
rate of residual musical noise. Accordingly, musical noise
may be prevented in a platform of portable digital devices
where an available calculation amount is limited, at low cost.

In operation 614, AAC is performed on a long block frame
on which noise reduction is performed.

When a current frame being coded is determined as a short
block frame in operation 604, the short block frame is divided
into a plurality of sub-bands in operation 616. Here, a short
block frame is defined as a 14” order non-uniform scale factor
band.

In operation 618, power matching is performed with the
long block on which noise reduction is performed, to deter-
mine a reduction rate. In operation 620, spectral reduction is
performed. When a current frame is determined as a short
block, the overall signal is reduced simply by spectral reduc-
tion, and amplitude of the signal is maintained uniformly by
power matching with the long block frame on which spectral
subtraction is performed before. The overall spectral reduc-
tion performed in operation 620 reduces not only noise but
also power of a signal component and thus distorts an original
signal. However, a block switching module in a MPEG AAC
encoder performs short block frame processing mostly in a
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short section where a signal in a time domain abruptly
increases in amplitude in the form of an impulse, and thus
total signal distortion is small.

In operation 614, AAC is performed on the short block on
which noise reduction is performed. Tables 1 through 3 below
show results of experiments of testing performance of digital
portable devices by mounting AAC modules for noise reduc-
tion according to the current embodiment in digital portable
devices such as digital cameras, and FIGS. 9A and 9B illus-
trate a signal waveform of an audio signal before and after
applying an audio signal coding method, according to an
embodiment.

TABLE 1

average calculation
amount in frame units

when the current embodiment is not applied 87.81 MIPS
when the current embodiment is applied 17.41 MIPS
TABLE 2
SNR average SNR SNR average

before noise reduction after noise reduction
voice 18.34dB 29.45dB
classic 21.23dB 27.93dB
pop 22.21dB 26.96 dB
average 20.63 dB 28.11dB
TABLE 3
Preference of signal preference of signal
before noise reduction after noise reduction
voice 0% 100%
classic 9% 91%
pop 9% 91%
average 6% 94%

As illustrated in Table 1, when the noise reduction method
according to the current embodiment is applied, a calculation
amount was reduced by about 80.2%.

In measurement of the noise reduction performance, voice
sources having an average SNR of 20.63 dB were tested, and
SNR reduction thereof when applying the noise reduction
method according to the current embodiment and average
preferences of the voice sources before and after noise reduc-
tion were examined. As shown in Table 2, an average SNR
after applying the noise reduction method was increased by
7.48 dB from that before applying the method, and preference
for the voice sources to which the noise reduction method was
applied was 94% on average as shown in Table 3.

According to audio signal coding of the embodiments,
noise reduction is performed in accordance with frame size
conversion characteristics ina MDCT region of MPEG AAC,
and when performing MPEG AAC encoding, noise reduction
that is suitable for multiple frame sizes and MPEG AAC
encoding structures is applied in an AAC encoder, thereby
reducing an amount of calculation and improving noise
reduction performance.

The device described herein may include a processor, a
memory for storing program data, a permanent storage device
such as a disk drive, a communications port for handling
communications with external devices, and user interface
devices, including a display, a keyboard, etc. When software
modules are involved, these software modules may be stored
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as program instructions or computer readable codes execut-
able by the processor, in computer-readable media such as
magnetic storage media (e.g., read-only memory (ROM),
random-access memory (RAM), floppy disks, hard disks,
etc.) and optical recording media (e.g., CD-ROMs, DVDs,
etc.). The computer readable recording medium can also be
distributed over network coupled computer systems so that
the computer readable code is stored and executed in a dis-
tributed fashion. This media can be read by the computer,
stored in the memory, and executed by the processor.

All references, including publications, patent applications,
and patents, cited herein are hereby incorporated by reference
to the same extent as if each reference were individually and
specifically indicated to be incorporated by reference and
were set forth in its entirety herein.

For the purposes of promoting an understanding of the
principles of the invention, reference has been made to the
preferred embodiments illustrated in the drawings, and spe-
cific language has been used to describe these embodiments.
However, no limitation of the scope of the invention is
intended by this specific language, and the invention should
be construed to encompass all embodiments that would nor-
mally occur to one of ordinary skill in the art.

The invention may be described in terms of functional
block components and various processing steps. Such func-
tional blocks may be realized by any number of hardware
and/or software components configured to perform the speci-
fied functions. For example, the invention may employ vari-
ous integrated circuit components, e.g., memory elements,
processing elements, logic elements, look-up tables, and the
like, which may carry out a variety of functions under the
control of one or more microprocessors or other control
devices. Similarly, where the elements of the invention are
implemented using software programming or software ele-
ments the invention may be implemented with any program-
ming or scripting language such as C, C++, Java, assembler,
or the like, with the various algorithms being implemented
with any combination of data structures, objects, processes,
routines or other programming elements. Functional aspects
may be implemented in algorithms that are executed on one or
more processors. Furthermore, the invention could employ
any number of conventional techniques for electronics con-
figuration, signal processing and/or control, data processing
and the like. The words “mechanism” and “element” are used
broadly and are not limited to mechanical or physical
embodiments, but can include software routines in conjunc-
tion with processors, etc.

The particular implementations shown and described
herein are illustrative examples of the invention and are not
intended to otherwise limit the scope of the invention in any
way. For the sake of brevity, conventional electronics, control
systems, software development and other functional aspects
of the systems (and components of the individual operating
components of the systems) may not be described in detail.
Furthermore, the connecting lines, or connectors shown in the
various figures presented are intended to represent exemplary
functional relationships and/or physical or logical couplings
between the various elements. It should be noted that many
alternative or additional functional relationships, physical
connections or logical connections may be present in a prac-
tical device. Moreover, no item or component is essential to
the practice of the invention unless the element is specifically
described as “essential” or “critical”.

The use of the terms “a” and “an” and “the” and similar
referents in the context of describing the invention (especially
in the context of the following claims) are to be construed to
cover both the singular and the plural. Furthermore, recitation
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of ranges of values herein are merely intended to serve as a
shorthand method of referring individually to each separate
value falling within the range, unless otherwise indicated
herein, and each separate value is incorporated into the speci-
fication as if it were individually recited herein. Finally, the
steps of all methods described herein can be performed in any
suitable order unless otherwise indicated herein or otherwise
clearly contradicted by context. The use of any and all
examples, or exemplary language (e.g., “such as”) provided
herein, is intended merely to better illuminate the invention
and does not pose a limitation on the scope of the invention
unless otherwise claimed. Numerous modifications and adap-
tations will be readily apparent to those of ordinary skill in
this art without departing from the spirit and scope of the
present invention.

While the invention has been particularly shown and
described with reference to exemplary embodiments thereof,
it will be understood by those of ordinary skill in the art that
various changes in form and details may be made therein
without departing from the spirit and scope of the invention as
defined by the following claims.

What is claimed is:

1. An audio signal coding method for noise reduction, the
method comprising:

receiving an audio signal and performing modified discrete

cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;

reducing noise of the audio signal in accordance with a

long block or a short block; and

performing advanced audio coding (AAC) on the long

block or the short block in which noise is reduced,
wherein in the reducing of noise, a non-linear multi-band
spectral subtraction is performed on the long block, and
a spectral reduction is performed on the short block
based on the spectral subtraction of the long block.

2. The method of claim 1, wherein the reducing of noise is
performed using a MDCT coefficient according to the
MDCT.

3. The method of claim 1, wherein the reducing of noise is

performed by dividing the audio signal into a long block of

1024 points or a short block of 128 points according to block
switching of the AAC.

4. The method of claim 1, further comprising storing the
audio signal, to which the AAC is performed, in a recording
medium.

5. An audio signal coding method for noise reduction, the
method comprising:

receiving an audio signal and performing modified discrete

cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;

reducing noise of the audio signal in accordance with a

long block or a short block; and

performing advanced audio coding (AAC) on the long

block or the short block in which noise is reduced,
wherein the reducing of noise comprises:

dividing the long block into a plurality of sub-bands;

measuring a signal-to-noise ratio (SNR) of each of the

plurality of sub-bands; and

performing spectral subtraction based on information

about a perceptual sound quality curve corresponding to
the measured SNR and a subtraction coefficient calcu-
lated in consideration of a weight of each of the plurality
of sub-bands.

6. The method of claim 5, further comprising performing
over-subtraction by amplifying the subtraction coefficient,
and performing masking using an audio signal corresponding
to the reduced long block.
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7. An audio signal coding method for noise reduction, the

method comprising:

receiving an audio signal and performing modified discrete
cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;

reducing noise of the audio signal in accordance with a
long block or a short block; and

performing advanced audio coding (AAC) on the long
block or the short block in which noise is reduced,

wherein a noise reduction rate with respect to the short
block is determined by comparing an average power of
an audio signal of a predetermined range according to
noise reduction of the long block and an average power
of an audio signal of the predetermined range of a short
block corresponding to the long block.

8. An audio signal coding method for noise reduction, the

method comprising:

receiving an audio signal and performing modified discrete
cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;

reducing noise of the audio signal in accordance with a
long block or a short block; and

performing advanced audio coding (AAC) on the long
block or the short block in which noise is reduced,

wherein the reducing of noise is performed based on a
variable frame length of the audio signal needed for the
AAC and a non-linear scale factor band.

9. An audio signal coding method for noise reduction, the

30 method comprising:
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receiving an audio signal and performing modified discrete
cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;

reducing noise of the audio signal in accordance with a
long block or a short block; and

performing advanced audio coding (AAC) on the long
block or the short block in which noise is reduced,

wherein the reducing of noise is performed by dividing the
long block into 49 order non-uniform sub-bands.

10. An audio signal coding method for noise reduction, the

method comprising:

receiving an audio signal and performing modified discrete
cosine transformation (MDCT) on the audio signal to
convert the audio signal into long blocks or short blocks;

reducing noise of the audio signal in accordance with a
long block or a short block; and

performing advanced audio coding (AAC) on the long
block or the short block in which noise is reduced,

wherein the reducing of noise is performed by dividing the
short block into 14” order non-uniform sub-bands.

11. A non-transitory computer readable recording medium

having embodied thereon a program for executing the method
of'claim 1 on a computer.

12. An audio signal encoding apparatus comprising:

a modified discrete cosine transformation (MDCT) con-
verting unit that receives an audio signal and performs
MDCT on the audio signal to convert the audio signal
into long blocks or short blocks;

a noise reducing unit that reduces noise in the audio signal
in accordance with a long block and a short block; and

an advanced audio coding (AAC) encoding unit that per-
forms AAC on the long block or the short block in which
noise is reduced,

wherein the noise reducing unit performs non-linear multi-
band spectral subtraction on the long block, and spectral
reduction on the short block based on the spectral sub-
traction of the long block.
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13. The audio signal encoding apparatus of claim 12,
wherein the noise reducing unit performs noise reduction
using a MDCT coefficient output from the MDCT unit.

14. The audio signal encoding apparatus of claim 12,
wherein the noise reducing unit performs noise reduction by
dividing the audio signal into a long block of 1024 points or a
short block of 128 points according to block switching of the
AAC.

15. An audio signal encoding apparatus comprising:

a modified discrete cosine transformation (MDCT) con-
verting unit that receives an audio signal and performs
MDCT on the audio signal to convert the audio signal
into long blocks or short blocks;

anoise reducing unit that reduces noise in the audio signal
in accordance with a long block and a short block; and

an advanced audio coding (AAC) encoding unit that per-
forms AAC on the long block or the short block in which
noise is reduced,

wherein the noise reducing unit comprises:

a long block sub-band dividing unit that divides the long
block into a plurality of sub-bands;

a SNR measuring unit that measures a SNR of each of the
sub-bands;

a subtracting unit that performs spectral subtraction based
on information about a perceptual sound curve corre-
sponding to the measured SNR and a weight for each of
the sub-bands; and

a masking unit that performs over-subtraction by amplify-
ing the subtraction coefficient, and performing masking
using an audio signal corresponding to the reduced long
block.

16. An audio signal encoding apparatus comprising:

a modified discrete cosine transformation (MDCT) con-
verting unit that receives an audio signal and performs
MDCT on the audio signal to convert the audio signal
into long blocks or short blocks;

anoise reducing unit that reduces noise in the audio signal
in accordance with a long block and a short block; and

anadvanced audio coding (AAC) encoding unit that performs
AAC on the long block or the short block in which noise is
reduced,
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wherein the noise reducing unit comprises:

a short block sub-band dividing unit that divides the short
block into a plurality of sub-bands;

a power matching unit that compares an average power of
an audio signal of a predetermined range according to
noise reduction of the long block and an average power
of an audio signal of the predetermined range of a short
block corresponding to the long block provided by the
masking unit, and determines a reduction rate of the
short block; and

a reducing unit that performs noise reduction on the short
block according to the determined reduction rate.

17. An audio signal encoding apparatus comprising:

a modified discrete cosine transformation (MDCT) con-
verting unit that receives an audio signal and performs
MDCT on the audio signal to convert the audio signal
into long blocks or short blocks;

a noise reducing unit that reduces noise in the audio signal
in accordance with a long block and a short block; and

anadvanced audio coding (AAC) encoding unit that performs
AAC on the long block or the short block in which noise is
reduced,

wherein the noise reducing unit performs noise reduction
based on a variable frame length of the audio signal
needed for the AAC and a non-linear scale factor band.

18. An audio signal encoding apparatus comprising:

a modified discrete cosine transformation (MDCT) con-
verting unit that receives an audio signal and performs
MDCT on the audio signal to convert the audio signal
into long blocks or short blocks;

a noise reducing unit that reduces noise in the audio signal
in accordance with a long block and a short block; and

anadvanced audio coding (AAC) encoding unit that performs
AAC on the long block or the short block in which noise is
reduced,

wherein the noise reducing unit performs noise reduction
by dividing the long block into 49% order non-uniform
sub-bands, and by dividing the short block into 14%
order non-uniform sub-bands.
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